In this paper, a sigma-delta modulated subbanded adaptive interferencehoise cancellation system is proposed. The filter bank is fully modulated, and the adaptive filter is partially modulated. Maintaining the modulated signal representation throughout results in considerable savings in complexity. By computer simulations, the system performance is compared to the non-modulated case regarding complexity, convergence speed and steady state error. The effect of the oversampling rate used in modulation as well as the quality of the demodulator are also considered. The paper concludes by highlighting the tradeoffs between the hardware complexity reduction and the overall system performance.
INTRODUCTION
The type of adaptive signal processing application studied in this paper is the adaptive noise cancellation (ANC), and its variant adaptive interference cancellation (AIC) where the signal is a noise source and the interference is a combination of sinusoidal functions. The LMS algorithm is being used to update the coefficients for both ANC and AIC cases.
Although it has been successfully applied for years in many areas, the LMS algorithm has certain limitations, such as slow convergence for input signals with non-flat power spectra and for cases where long FIR filters are being adapted. The concept of adaptive filtering in subbands was thus introduced with the double purpose of reducing the computational complexity and of improving the convergence speed, since the adaptive filter in each subband is shorter and the input signal is flatter [I] .
However, with the signal in PCM representation, the major disadvantage of the conventional subbanded adaptive filter is the high cost of full-precision multipliers and adders in the filter bank and adaptive filtering. As an alternative, the sigma-delta modulation technique, which was originally used to implement the A D converters, can be applied to this structure. Operating in an oversampled mode, the sigma-delta modulated converter is a differential coding scheme which encodes a given signal into a high rate single bit stream. Processing these signals does not require multibit multipliers, and hence the system hardware complexity can be kept low [2] .
This paper mainly focuses on the implementation of AIC/ANC using sigma-delta modulated signals and filters. Section 2 presents the theoretical analysis of the modulated FIR filter banks and adaptive filtering.
Section 3 and 4 provide the performance analysis of the proposed structure compared to the conventional structure based on the simulation results for AIC and ANC, respectively. The conclusion of this paper is discussed in Section 5.
MODULATED IMPLEMENTATION OF FIXED AND ADAPTIVE FILTERS
The subbanded adaptive system is based on two main operations: fixed and adaptive FIR filtering. The sigma-delta modulation is applied to them separately. The block diagram of the proposed modulated structure is shown in Fig.1 with oversampling ratios R1 and R2 for filter bank and adaptive filter respectively. The quadrature mirror filter (QMF) bank is applied [3]. dIr+ - 
Modulated Fixed FIR Filtering
The function of an FIR filter is basically to perform a convolution between the signal input and the filter impulse response, either of which can be represented by a sigma-delta modulated code. This approach takes full advantage of the coded single-bit sequence in such a way that in computing the convolution sum, only the addition operation is performed on full-precision operands compared to both full-precision multiplication and addition for the
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0-7803-1775-0/94 $3.00 0 1994 KEEE convolution of PCM signals. Encoding both input and coefficients can further simplify the full-precision addition required in the convolution into single-bit logic circuit [4] . It was shown in [5] that a typical oversampling ratio R ranges from 64 to 1024. Thus R1 is chosen to be to be 64 for both AIC and ANC.
The high-rate output is decoded to reconstruct the desired filter output at Nyquist rate. Ideally, the decoder is a perfect lowpass filter working at the oversampling frequency with cutoff at one half of the Nyquist frequency. In this paper, we implement the fixed filter bank blocks by encoding both input and coefficients into sigma-delta modulated format. 
Modulated Adaptive FIR Filtering
Conventional LMS adaptive filter of length K requires 2K full precision multipliers for both filtering and coefficients update. By exploiting the sigma-delta modulation technique, the multipliers can be eliminated, since the signal passing through the adaptive filter is only one-bit stream W n . The coefficients are still kept in PCM representation to reduce the possible instability and noise.
For ANC case, an oversampling ratio R2=64 and a good quality decimator are essential to remove the quantization noise. However for AIC case, a much more simplified approach is shown to achieve good results with R2=4, the decimator being a simple combfilter and the modulator being simply a sign identifier [6] . This is possible since the interference is sinusoidal and the adaptive filter is a simple compensator for phase shift. In this paper, we implement the adaptive filtering blocks by modulating the input only. x(n) is modulated as in [6] (see fig 1) The high-rate sequence is decoded using a comb filter
The LMS algorithm is given as K-1 r=O yy(n-i)= car(n-i)w(n-i-rR) i=O,l, ..., R-1. (2.2.3) ar(n-i)=ar(n-i-1)+2pe(n-i)w(n-rR-i) (2.2.4) e(n)=d(n)-y (n) (2.2.5) where ar is the rth tap of the relavant adaptive filter. 
Modulated Subbanded Adaptive System
When the two modulated blocks are combined as in Fig. 1 , the structure can be further simplified. We consider two separate cases:
Case I: Ri=R2=R. This is the case for ANC. The shaded block can be removed since no rate change is required at this stage. The multibit W W n is encoded into 1-bit input of the adaptive filter. wwn contains original signal part which remains virtually unchanged in baseband 0--fB, and highpass shaped noise. This noise A F -
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PERFORMANCE OF MODULATED SUBBANDED ANC
Conventional Subbanded ANC (Rl=R2=1)
For this case, the sampling frequency is normalized to fN=lHz. The reference signal x(n) is a Gaussian white noise band-limited up to 1/2Hz with zero mean with 1/2 standard deviation. The primary signal d(n) is a corrupted version of the reference input x(n) by an unknown system which is modeled by a multiband 39-tap FIR filter m(n). The filter bank is the same as used for AIC. The length of the adaptive filter is 9. Fig.4 .1 shows the lower band error signal. Since the signal part in primary input d is assumed to be zero, i.e. there is no noise floor setup, we can not use illustrative input and output power spectrums to evaluate the system performance. So the performance is measured in terms of adaptivity [7] , which is defined as adaptive system can model the unknown system, the smaller its value, the better the quality of cancellation. For the conventional case, the primary signal variance is 0.4512, and the variance of the steady-state system output e(n) is 0.0025, providing an adaptivity of -19.ldB. Table 4 .1 shows the complexity in terms of the number of adders and multipliers per band. 
CONCLUSIONS
The sigma-delta modulation can bring savings in hardware complexity for the subbanded AIC and ANC. Generally, the modulated implementation requires more iterations to reach steady state. However, for the modulated case, very few time-consuming fullprecision multipliers are needed. Thus, its actual convergence speed is much faster than indicated by the number of iterations. The cost for decimator is the predominant factor for the proposed modulated structure, assuming all decimators are implemented in direct form. However, all these filters can be built in multiplier-free multistage system as suggested in [8].
The proposed structure will then show even better complexity reduction.
